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(54) Method and device to demultiplex a frequency demodulated stereo-multiplex-signal 



(57) The inventive method and device to demulti- 
plex a frequency demodulated stereo multiplex signal 
comprising a stereo difference signal (s^j(t)) and a 
stereo sum signal (Ss(t)) improves the signal to noise 
ratio and the channel separation of a fm receiver espe- 
cially when low RF signal amplitudes are received. This 
is achieved by a sliding, frequency selective stereo to 



mono blending dependent on the fieldstrength of the 
frequency modulated RF-signal and the spectral distri- 
txjtlon of the fm-demodulated stereo difference signal 
(Sd(t)) by blending out not needed components of the 
stereo difference signal ((5^(1)). 
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Description 

[0001] The present invention is concerned with the demultiplexing of a stereo multiplex signal, especially to provide 
a method and a device to demultiplex a frequency demodulated stereo multiplex signal with improved signal to noise 
5 ratio and channel separation, especially with a low RF-signal amplitude, 

[0002] For fm-broadcasting, a stereo-multiplex-signal s(t) is frequency modulated: 



r j^(t) = cos(oc -I- A<o • J s(t) dx). 



with ©c being the carrier frequency and A© the frequency shift. 

[0003] The stereo-multiplex-signal consists of the sum of the left and the right audio component, the amplitude mod- 
15 ulated difference signal of the left and the right audio signal with suppressed carrier and the pilot tone. The pilot tone is 
necessary for the coherent amplitude demodulation of the stereo difference signal. The stereo-multiplex-signal is 
described by the following equation: 

s(t) = s,(t) +s,(t) + (s,{t) - s,(t)) •sin{2o>pj,t) +c -sinCcDpiit), 

20 

with: 

si(t): left audio signal 

25 Sr(U; right audio signal 

cOpu = 2% • 1 9kHz: angular frequency of the pilot tone 
c: constant. 

30 

[0004] For the demodulation of a frequency demodulated stereo multiplex signal two steps are necessary: the fm- 
demodulation and the demultiplexing of the stereo multiplex signal. This invention is only concerned with the demulti- 
plexing of the stereo multiplex signal. 

35 [0005] Figure 6 shows a block diagram of a stereo demultiplexer according to the prior art with its basic components, 
namely a generator 50 for generating the stereo difference signal Sjj(t)=s,(t)-Sr(t) and the stereo sum signal 
Ss{t)=S|(t)+SrW 3"*^ ^ *• receiving the stereo difference signal Sd{t) and the stereo sum signal Ss(t) to calculate 
the signals for the left and the right channel Si(t) and Sr(t). It is well-known how the generator 50 and the unit 1 1 are work- 
ing. In the shown example the generator 50 comprises a lowpass filter 55 having a cut off frequency of 15 kHz receiving 

40 the stereo multiplex signal s(t) and outputting the stereo sum signal Ss(t), and a mixer 53 mixing the anplitude modu- 
lated stereo difference signal SjCt) to the baset>and by multiplying the stereo multplex signal s{t) with the frequency dou- 
bled pilot tone. Therefore the pilot tone is extracted by a bandpass filter 51 with a center frequency of 19 kHz and is 
frequency doubled with a frequency doubling circuit 52 that can be realized for example as a PLL. The output signal of 
the mixer 53 is filtered with a lowpass filter 54 having a cut off frequency of 1 5 kHz to extract the stereo difference signal 

45 Scj(t). To generate the the left audio channel S|(t) the stereo sum signal s^{X) is added to the stereo difference signal s^{X) 
with an adder 56 included in the unrt 11 and to generate the right audio channel Sf{X) the stereo difference signal S(j(t) 
is subtracted from the stereo sum signal Ss(t) with an adder 57 also included in said unit 1 1 . As can be taken from the 
above description and Hgure 6, the stereo demultiplexing is done by a coherent amplitude demodulation of the stereo 
difference signal s^{t) and by adding or subtracting the stereo difference signal Sc((t) to the stereo sum signal Ss(t). 

50 [0006] The signal to noise ratio of the frequency demodulated signal s(t) increases proportional to the squared fre- 
quency Figure 7 shows the amplitude spectrum of a frequency demodulated stereo-multiplex-signal with a carrier to 
noise ratio of 20 dB. In this figure the signal for tiie left channel s,(t) equals zero and the signal for the right channel Sr(t) 
equals cos(27c • 1kHz • t) . As can be seen in this amplitude spectrum, the rioise floor within the frequency range of the 
stereo sum signal s 3(t)=s |(t)-i-s ^(t) is much lower than the noise floor within the frequency range of the amplitude mod- 

55 ulated stereo difference signal s ^(t)=s ,(t)- s ^(t) . In case of mono reception tiie audio signal Si(t). Sr(t) consists only of 
the stereo sum signal %{X) with the lower noise floor. In case of stereo reception the audio signal Si(t). s^iX) consists of 
the sum and difference of the stereo sum signal Ss(t) with the lower noise floor and the stereo difference signal s^Ct) witii 
the high noise floor. Therefore the noise floor of the audio signal in case of stereo reception is much higher compared 
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to mono reception. For this reason there are receivers known which switch automatically from stereo mode to mono 
mode when the RF-signal quality is bad. Generally there exist the following four possibilities for the receivers to decide 
when such a switching should take place: 

5 1) There exists a threshold depending on the RF-f ieldstrength to switch from stereo mode to mono mode. This hard 

decision has nnany disadvantages, mainly that the listener can hear these switches. 

2) There exists a sliding transition from stereo mode to mono mode dependent on the RF-signal quality, i. e. the 
RF-fieldstrength. 

3) There exists a modified sliding stereo to mono transition dependent on the RF-signal quality and additional mod- 
10 ulation dependent factors like the stereo difference signal or the anrplitude of the multiplex-signal. ' 

4) There exists a stereo to mono blending by comparing the frequency components of subbands of the stereo sum 
signal and the stereo difference signal, 

[0007] The third method is disclosed in the DE 44 00 865 A1 according to which an optimised sliding stereo to mono 
15 transition is disclosed which uses the RF-signal quality and at least one additional modulation dependent factor. It is not 
disclosed how the sliding stereo to mono transition is performed, but it is generally known to perform such a sliding 
stereo to mono transition by multiplying the stereo difference signal with a factor k(t) with 0<k(t)<1 . In this case a mono 
signal is output on the left and the right channel when k(t)=0 and a stereo signal with maximum channel separation is 
output when k(t)^. The DE 44 00 865 A1 discloses that this factor k(0 is dependent on 1) the information transmitted 
20 by the RDS (Radio Data System) signal, i. e. the transmitted program type, e. g. rock, pop. classic, news, the speech 
music-marker and the dock time, 2) the amplitude of the RF-signal, 3) an anaiyzation if there is a stereo difference sig- 
nal present and 4) the output volume or on 5) a combination of one or more of those four modulation dependent factors. 
[0008] The fourth known possibility to switch from stereo to mono nxxje is disclosed in the JP 06 224866 according 
to which the stereo sum signal E^ and the stereo difference signal Es are respectively split into m subband signals to 
25 calculate a corrected stereo difference signal Es' by comparing the frequerx:y components of each si±>band. The com- 
parison is performed using limitor, phase shifter, multiplier, filter and adder. The corrected stereo difference signal Es' 
and the stereo sum signal E^^ are then fed to an output circuit like the above-mentioned unit 1 1 to get a stereophony 
output signal. 

[0009] The drawt>ack of the first three methods mentioned above is that a very quick switching from stereo to mono 
30 takes place when the RF-signal quality gets bad. According to these proposals only a very coarse decision is made and 
the listener has very often to listen to a mono signal even when it wouW be possible to have a low level channel sepa- 
ration. The fourth method, on the other hand, which allows a fine sliding, frequency selective stereo to mono blending 
dependent on the spectral distribution of the fm-demodulated stereo multiplex signal needs much calculation power and 
therefore includes high realisation costs. 
35 [001 0] It is the object of the present invention to provide a method and a device to de-multiplex a stereo multiplex sig- 
nal offering a better stereo to mono blending without high realisation costs. 

[001 1 ] The method according to the invention is defined in claim 1 and the device according to the invention is defined 
in claim 16. Preferred embodiments of the present invention are respectively defined in the respective subclaims. 
[0012] The demultiplexer according to the present invention that is working according to the inventive method per- 
40 forms a sliding stereo to mono blending taking the spectral distribution of the stereo difference signal and the RF-field- 
strength into account. Therefore, the frequency selective stereo to mono blending according to the present invention 
needs minimised calculation power while offering as nnuch channel separation as possible in view of the received stereo 
multiplex signal. 

[001 3] Further objects, advantages and features of the present invention will be better understood from the following 
45 detailed description of preferred embodiments thereof taken in conjunction with the accompanying drawings, wherein 



Fig. 1 shows a block diagram of a stereo demultiplexer according to the present invention; 

Fig. 2a, b, c show block diagrams of first embodiments of the control k>lock shown in fig. 1 ; 

Rg. 3 shows two possible transfer functions of the threshold and saturation block shown in fig. 2; 

so Fig. 4a, b, c show block diagrams of second embodiments of the control block shown in fig. 1 ; 

Fig. 5 shows stereo to mono transitions in accordance with the present invention; 

Fig. 6 shows a block diagram of a stereo demultiplexer according to the prior art; and 

Fi^. 7 shows the amplitude spectrum of a frequency demodulated stereo mLilfiplex signal: 



55 [0014] As can be seen in Fig. 7. the signal to noise ratio of the stereo difference signal s^,(t)= s,(t)-Sr(t) ismuchlower 
than the signal to noise ratio of the stereo sum signal Ss(t)=s,(t)+Sr(t) . Therefore, the stereo difference signal s^W 
should only be added to the stereo sum signal s^[X) when there is a good signal quality and a stereo signal is transmit- 
ted. Spoken progranrs are for example mainly transmitted in mono with the information of the stereo difference signal 
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Sci(t) being zero. If in this case the receiver works in stereo mode only the noise of the stereo difference signal Sd(t) is 
added to the stereo sum signal Ss(t). In this case, the receiver has to switch automatically to mono mode. 
[001 5] On the other hand, only those frequency components wfiich contain Information about the stereo difference 
signal s^O) are inportant for the stereo demultiplexed output signal. Therefore, according to the present invention, the 

5 stereo difference signal Sd(t) is split into subband signals Sdn(t). 0<n^N, N being the number of subbands. e. g. with a 
fixed bandwidth, and these subband signals can individually be multiplicated with a factor 0^kn(t)<1 to generate a fre- 
quency selective weighted stereo difference signal SdwO). The respective factor k^{i) with 0<n<N can be chosen 
dependant on the signal quality of the RF-signal. i. e. the amplitude, and the information content of this subband, i. e. 
„ the amplitude of this frequency band. Other information, e.g. the information content of the Stereo sum signal or the 

10 spectral distribution of the stereo sum signal can also be taken into consideration. 

[001 6] Fig. 1 shows a stereo demultiplexer according to the present invention. This stereo demultiplexer comprises 
the generator 50 to generate the stereo difference signal s^(t) and the stereo sum signal Ss(t) at its input stage and the 
unit 11 to calculate the signals for the left audio channel arxj for the right audio channel S|(t) and Sr(t) out of a frequency 
selective weighted stereo difference signal s^[X) and a stereo sum signal Ss(t) at its output stage. In between those both 

15 components a circuitry is arranged to calculate said frequency selective weighted stereo difference signal s^^^^O) on 
basis of the stereo difference signal Scj{t) output of the generator 50. 

[001 7] The circuitry shown in fig. 1 comprises a frequency selective weighting circuit in the path of the stereo differ- 
ence signal Sd(t) and a_delay element 9 in the path of the stereo sum signal Ss(t) for the compensation of the group delay 
in the path of the stereo difference signal Sy(t) caused by a linear phase filter bank 8 included in the frequency selective 
20 weighting circuit- This linear phase filter bank 8 with N subbands divides the incoming stereo difference signal s^^{t) into 
N subband signals s^^{i). s^nW each of which is fed to a multipliers which multiplies the respective subband signal 
Sdn(y. 0<n<N, with a respective weighting factor k^{t), 0<n<N. before all subband signals Sdn(t). 0<n<N being added witii 
an adder 10 to the frequency selective weighted stereo difference signal s^wO) which is than fed to the unit 11 . All of the 
subband signals Sdi{t). ... s^nW are also led to a control block 1 that is calculating the respective corresponding correc- 
ts tion factors ki(t). .... k^j(t). This control block 1 also receives information about the signal quality of the RF-signal, i. e. 
the amplitude, from a f ieldstrength indicator and depending on the control block 1 eventually also information about the 
stereo sum signal. Depending on the calculation time needed by the control block 1 to calculate the respective weight- 
ing factors kn(t). 0<n<N. respective delay elements 2 can be inserted in front of the multipliers 3 and in the path of the 
stereo sum signal s^(i) that have a delay time compensating the calculation time of the control block 1 . 
30 [0018] As mentioned atxjve, the control block 1 described subsequent calculates all weighting factors 0^(t)<1. 
0<n<N, and tiierefore with kn(t)=0 for all n the output signal of the stereo demultiplexer is the stereo sum signal Ss(t) in 
the left audio channel and the right audio channel, i. e. the stereo demultiplexer has switched into mono mode, and if 
kj,(t)=1 for all n the output of the stereo demultiplexer is the stereo signal with maximum channel separation, 
[001 9] Fig. 2a shows the block diagram of the control block in a first embodiment according to the present invention. 
35 In the control block every input subband signal Scjn(t), 0<n<N. gets transformated into a weighting factor kn{t), 0<n<N, 
corresponding to the respective subband signal. Therefore, each input subband signal s^nO) is input into an absolute 
value unit 12 that calculates the absolute value of the corresponding subband signal SdnW to input it into a respective 
lowpass filter 4 that outputs an envelope signal S(jnEx:W the respective subband signal s^^n(0• ^^ch of these envelope 
signals SdnocW. 0<n<N gets multiplied with a factor A(t) by a multiplier 5. This factor A(t) is generated by a generator 
40 7 that is receiving a signal corresponding to the f ieldstrength of the received RF-signal. Said generator 7 can be a look- 
up table. The respective output signal A(t) • s^jnocW oi the respective multiplier 5 is passed to a respective threshold 
and saturation t>lock 6 to limit the signal A(t) • SdnocW to 1 . since a correction factor of kn(t)=1 means a maximum chan- 
nel separation of the n*^ subtDand. This threshold and saturation block 6 can also perform a threshold function with the 
threshold value B(t). In this case, the threshold value B(t) also gets generated by the generator 7. This threshold is 
45 important, since a high noise in the stereo difference signal, i. e, a low f ieldstrength. causes the factor A(t) * SdnocW to 
be even in program breaks higher than zero. Without the threshold a high noise in the stereo difference signal SdnP) 
would result in a factor kn(t)>0. If kn(t)>0, then the noise of the stereo difference signal is added to the stereo sum signal 
even in program breaks. 

[0020] Figure 2b shows the control block 1 in a modified realization. The generator 7 is replaced by N generators 7 
50 so that each subband of the stero difference signal s^nW can be weighted with a different factor An(t), 0<n<N, In this 
realization of the control block 1 the channel separation can be realized frequency dependent. In this way it can e.g. be 
taken into consideration that audio signals with low frequencies can not be located. 

[0021] Of course it is also possible to replace the generator 7 shown in figure 2a by less than N generators 7 so that 
a group of subbands will be weighted with the same factor A^Ct), 0<m^<N. 
55 [0022] Figure 2c shows the control block 1 with modified generators 7. Each generator 7 generates the factor An(t). 
0<n<N, dependent on the RF-f ieldstrength and the amplitude of the envelopes of the subband signals of the stereo sum 
signal Ss(t). Therefore a filtert>ank 14 calculates the subband signals s^nO). 0<n£N, of the stereo sum signal Ss(t). The 
absolute values of each subband signal of the stereo sum signal Ss(t) generated by respective absolut value units 12 
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are filtered by respective lowpass filters 4 to generate the respective envelope signal SsnocO* 0<n<N, of the corre- 
sponding subband signal SsnO), 0<n<N, of the stereo sum signal Ss(t). It is not necessary that the filter bank 14 is a lin- 
ear phase filter bank. 

[0023] Of course it is also possible to replace the filter bank 14 with N subbands by a filterbank with less than N sub- 
5 bands and to connect the respective envelope signal of the subband signals to more than one generator 7 or to connect 
each envelope signal to one generator 7 and to use each factor A^Ct), 0<m<M<N for a group of subbands of the stereo 
difference signal s^{t). It is also possible to replace the filter bank 14 by a delay element In this case the envelope signal 
of the stereo sum signal is connected to all generators 7. 

[0024] As indicated above, a combination of the embodiments shown in figures 2a to 2c is also possible. \ 
10 [0025] Fig. 3a shows a possible transfer function of the threshold and saturation block 6. The x-axis denotes the cal- 
culated value An(t) • SdnDcO) the y-axis denotes the corresponding weighting factor kn(t). A value 
^nW * SdnDG(0<Bn{t) Corresponds to 3 Correction factor kn(t)=0. A value A^p) • s^^nQcW^^nO) corresponds to a cor- 
rection factor kn(t)=Bn(t) . A value Bn(t)<An{t) • s^^pQcW-'' corresponds in a linear fashion to a correction factor 
Bn(t)<kn(t)<1 . A value 1sA^(t) • s^^^qcW corresponds to a correction factor kn(t)=1. 

75 [0026] Rg. 3b shows another possible transfer function of the threshold and saturation block 6 for a smoother transi- 
tion from mono to stereo. The difference in between Figures 3a and 3b lies in the fact that a value 
B nW^A n(t) • s dnDcW-"* corresponds in a linear fashion to a correction factor 0<kn(t)<1 . Of course, it is also possible 
to use a threshold_and saturation block 6 having a different transfer function. The threshold Bn(t) can either be fixed 
value or be chosen variable dependent on the fieldstrength indicator or be chosen variable dependent on the field- 

20 strength indicator and the stereo sum signal Ss(t), as it is mentioned above. 

[0027] Fig. 4a shows the control block 1 in a second embodiment according to the present invention. In a digital solu- 
tion the control block 1 can be realised very effective, since the sampling rate at the input of the control block can be 
decimated with a factor of D= 10 or 20 or more due to the limited bandwidth of the subband signals s^{t). 0 is depending 
on the number of subbands N. The decimation of the sampling rate is respectively performed before each respective 

25 absolute value unit 12 by a respective sampling rate decimation unit 13. Corresponding to the sanpling rate decimation 
a sampling rate expansion has to be performed after each threshold and saturation block 6 by a respective sanpling 
rate expansion unit 15. The sampling rate gets expanded with tiie same factor D as the decimation has been performed 
with. Also the sampling rate of the fieldstrength signal gets decimated with the factor D to have the same sampling rate 
as the other signals processed by the control block. The sampling rate in the control block can be reduced, since no 

30 stereo signal is passing through the control block, but the control block is just calculating the weighting factors kn(t). 
Therefore, the control bUock itself does not need the high sampling rate since the transition from stereo to mono must 
not be so fast as the processing of the stereo signal and the small spectrum of sut)bands allows a lower sampling rate 
without aliazing. 

[0028] Figure 4 b shows the sampling rate decimated control block 1 with N generators 7 conresponding to the control 

35 block 1 shown in figure 2b. 

[0029] Figure 4c shows the sampling rate dedmated control block 1 with N generators 7 and a filter bank 14 for the 
calculation of the subband signals of the stereo sum signal Ss(t) corresponding to the control block 1 shown in figure 2c. 
The filter fc>ank 14 including a sampling rate decimation 13 at its output can be realized very efficient as it is described 
for example in "Multirate Digital Signal Processing" from Norbert J. Fliege. 

40 [0030] Like the first embodiments of the control block according to the invention described in connection with figures 
2a to 2c. also the second embodiments of the control block according to the present invention described above in con- 
nection with figures 4a to 4c can be combined. 

[0031 ] In all of the above discussed embodiments according to the present invention a performance gain is achieved 
by inserting delay elements 2 in front of the N multipliers 3 that respectively have a delay dependent on the group delay 
45 of the lowpass filters 4 in the control block 1 . This group delay compensation is important for a not-noticeable transition 
from mono mode to stereo mode and vice versa. In this case a delay element 2 that has a delay dependent on the group 
delay of the lowpass filters 4 in the control block 1 should also be inserted in the path of the stereo sum signal Ss(t) 
before it is fed to the unit 11. 

[0032] The best way to explain tiie advantages of the control block 1 is with three examples for high, low and very low 

50 fieldstrength. The following explanation refers to figure 5. 

[0033] In case of a high fieldstrength. the factor A ^(t)=A is high. In this case a low arrplitude in the subband signals 
Sdn(t) of the stereo difference signal Sd(t) causes a low amplitude of the envelope signals SdnOcW which is multiplied 
with a high factor A n(t)= A . The result A^^ • Sdnoct*) multiplication with the fieldstrength factor An(t) is even for 

low envelope amplitudes greater than 1 . The threshold and saturation block 6 limits Ana * SdnDc(0 fo the factor kn(t)=1 

55 so that every subband signal Sdn(t) even with low information is added to the output of the stereo demultiplexer. This 
results in a stereo signal with the maximum channel separation. In case of a program break or a mono program, tiie 
stereo multiplexer blends back to mono mode, since A,^ * SdnDc(t) 'S smaller than the threshold B^{X) and therefore the 
factors kn(t) are zero 
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(0034J In case of a low fieldstrength, the factor A„(t)=A^ is chosen smaller. Therefore, only the subband signals 
Sdn(t) with a high amplitude of the si±>band em/elope signals SdnocW cause a factor kn(t)=1 so that only the subbands 
with high stereo information are added without weighting to the output of the stereo demultiplexer. In this case not the 
full channel separation can be achie^/ed. but the channel separation is much better than in converrtional receivers and 
5 also the noise floor is lower. 

[0035] In case of a very low fieldstrength the fieldstrength factor A^(X)=Aj^ is very low or zero so that the stereo 
demultiplexer blends to mono mode. 

[0036] Fig. 5a shows the stereo to mono transition dependent on the amplitude of the envelope signal s^j^DcO) of the 
subband signal s^nffl of the subband n in case of a high fieldstrength (solid line a), a low fieldstrength (dashed line b) 
10 and a very low fieldstrength (dotted line c). In case of a high fieldstrength the maximum channel separation is reached 
faster than in case of a low fieldstrength which in turn reaches it faster than in case of a very low fieldstrength. The x- 
axfs denotes the envelope signal SdnocW ancl the y-axis denotes the weighted envelope signal A(t) • SdnocW- When the 
weighted envelope signal reaches a value of 1 , the maximum channel separation of the corresponding sutjband is 
reached. 

15 [0037] Fig. 5b shows the stereo to mono blending presented by the factor kp for each of the 3 above mentioned fieid- 
strenght values in case of a threshold and saturation block 6 transfer function as it is shown in Figure 3b, 
[0038] The different channel separation for every subband dependent on the subband envelope has the following 
three advantages: _ 

20 - In case of a low signal amplitude of the stereo multiplex signal, i. e. soft program parts, the stereo demultiplexer 
reduces the noise floor by reducing the channel separation, because in soft program parts the amplitude of the 
stereo difference signal is low and therefore the channel separation is also low. That means that with a decreasing 
amplitude the noise also decreases. 

In case of a high amplitude of the stereo multiplex signal, i. e. loud program parts, with the low stereo effect, i. e, 
25 low Stereo difference signal an^itude. the stereo demultiplexer adds only the subbands with the main information 

to the stereo subband signal, so that the noise floor remains low. In case of loud program parts with low stereo dif- 
ference signal amplitude the stereo effect is even with full channel separation low. Therefore, some subbands of the 
stereo difference signal can be neglected without audible effects, but with a better signal to noise ratio. 
In case of loud program parts with high stereo difference signal amplitude, i. e. mainly music programs, the channel 
30 separation is high, because the noise is covered by the music signal. 



[0039] Therefore, the main advantageous differences between the invention and the prior art are an improved signal 
to noise ratio, an improved channel separation for a given signal to noise ratio and the miniaturized size of the needed 
signal processing device together with reduced realization costs, especially in a digital solution with a sampling rate 

35 decimation in front of the control block 1 and a sampling rate expansion behind the control block 1. These advantages 
are achieved by sliding, frequency selective stereo to mono blending dependent on a) tfie RF-signal amplitude and the 
spectral distribution of the stereo difference signal, or b) the RF-signal amplitude and the spectral disti-ibution of the 
stereo sum signal and the stereo difference signal, or c) the RF-signal amplitude, the amplitude of the envelope of the 
stereo sum signal and the spectral distribution of the stereo difference signal. 

40 [0040] Of course, also modulation dependent factors like they are disclosed in the DE 44 00 865 A1 can be used to 
control the weighting factors kn(t) of the respective subband n. 



Claims 



45 1 . Method to demultiplex a frequency demodulated stereo multiplex signal that is included in a received RF-signal and 
comprises a stereo difference signal {Sci(t)) and a stereo sum signal (Ss{t)). characterized by a sliding, frequency 
selective stereo to mono blending dependent an the fieldstrength of the received RF-signal and the spectral distri- 
bution of the stereo difference signal (Sd(t)). 



50 2. Method according to claim 1 , comprising the following steps: 

splitting the stereo difference signal (Sci(t)) into N subband signals (Sdi(t). ... . SdN{t)). 

calculating N respective weighting factors O^nW^I. i^'^'th 0<n^N. corresponding to a respective one of the N 
subband signals (Sdn(t)): 

multiplying each of the subband signals (Sdi(t) SdN(t)) with said corresponding weighting factor kn(t). with 

0<n^N; 

adding all N mulitipied subband signals (ki(t) • Syi(t). ... . kfg(t) • SdN(t)) to become a frequency selective 
weighted stereo difference signal (Sdw(t)). and 
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adding or subtracting the frequency selective weighted stereo difference signal (s^wW) to the stereo sum signal 
{Ss(t)). 

3. Method according to claim 2. wherein each of the N subband signals (Sdi(t) SawCt)) has a fixed bandwitdh. 

5 

4. Method according to claim 2 or 3. wherein at least one weighting factor kn(t) is dependant on the amplitude of the 
received RF-signal. 

5. Method according to anyone of claims 2 to 4. wherein at least one weighting factor \^{X) is dependant on the ampli- 
10 tude of the envelope of the corresponding subband signal (SdnP)) of the stereo difference signal (s^Ct)). 

6. Method according to anyone of claims 2 to 5. wherein at least one weighting factor kn(t) is dependant on the ampli- 
tude of the envelope of a corresponding subband signal (SgnW) of the stereo sum signal (Ss(t)). 

15 7, Method according to anyone of claims 2 to 6, wherein at least one weighting factor k^{X) is dependant on the ampli- 
tude of the envelope of the stereo sum signal (Ss(t)). 

8. Method according to anyone of claims 2 to 7. wherein the calculation of the weighting factor kn(t), with 0<n<N, 
respectively comprises the following steps: 

20 

calculating the envelope (SdnDc(O) oi the respective subband signal (Scjn(t)) of .the stereo difference signal 
(Sd(t)) by towpass filtering the absolute value of the respective subband signal (SdnW) of the stereo difference 
signal (Sd(t)), 

multiplying said respective envelope (SdnocW) with a respective first factor (An(t)), and 
25 performing a threshold function with a corresponding threshold value (Bn(t)) and limit said multiplied envelope 

(An(t) • SdnDcW) 1 to Obtain the respective weighting factor k^{t). 

9. Method according to anyone of claims 2 to 7. wherein the calculation of the weighting factor kn(t), with 0<n<N. 
respectively comprises the following steps in a digital system having a predetermined sampling rate: 

30 

decimating the sanpling rate of the respective subband signal (SdnW) of the stereo difference signal (Sd(t)) by 
a second fector (D) dependent on the bandwidth of said respective subband signal (SdnW). 
calculating the envelope (SdnDc(O) of said respective decimated subband signal (SdnW) by lowpass filtering the 
absolute value of said respective decimated subband signal (s^nCt)). 
35 multiplying said respective envelope (SdnDcW) with a respective first factor (An(t)). 

performing a threshold function with a corresponding threshold value (Bn(t)) and limit said multiplied envelope 

(An(t) • S(jncx;(*)) to 1 to Obtain the respective weighting factor kn(t). and 

expansion of the sampling rate of the obtained weighting factor kn(t) by the second factor (D). 

40 1 0. Method according to claim 8 or 9, wherein at least one first factor (An(t)) is generated dependent on the amplitude 
of the received RF-signal. 

1 1 . Method according to claim 8, 9 or 10. wherein at least one first factor (A^O)) is generated dependent on the ampli- 
tude of the envelope of a corresponding sut^band signal (Ssn(t)) of the stereo sum signal {%{t)). 

45 

12. Method according to anyone of claims 8 to 11. wherein at least one first factor (An(t)) is generated dependant on 
the amplitude of the envelope of the stereo sum signal (Ss(t))- 

1 3. Method according to anyone of claims 8 to 12, wherein at least one threshold value {Bn(t)) is generated dependent 
50 on the amplitude of the received RF-signal. 

14. Method according to anyone of claims 8 to 13. wherein at least one threshold value (Bn(t)) is generated dependent 
on the amplitude of the envelope of a con-espondihg sutDband signal (s^nO)) of the stereo sum sighalTSgit))? 

55 1 5. Method according to anyone of claims 8 to 14, wherein at least one threshold value (Bn(t)) is generated dependant 
on the amplitude of the envelope of the stereo sum signal (Ss(t)). 

1 6. Device to demultiplex a stereo multiplex signal that is included in a received RF-signal and comprises a stereo dif- 
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ference signal (Sd(t)) and a stereo sum signal (Ss(t)). characterized by 

a linear phase filter bank (8) with N subbands receiving the stereo difference signal (s^O)) and dividing it into 
N subband signals (Scji(t). ... . SdM(t)), 
5 a control block (1) receiving all N subband signals (SdiCO. - . s^nW) t*^^ stereo difference signal (sa(t) and 

calculating N weighting factors (k^(t). ... , kjvi(t)), respectively corresponding to one of the N subband signals 

(Sdl(t) SdN(t)). 

N first multipliers (3) respectively receiving one of said N subband signals (Scji(t). ... . s^nO)) to respectively mul- 
tiply said subband signal (Scii(t). ... . s^nW) by the corresponding one of the calculated weighting factors (ki(t). 
^0 ... . kN(t)). 

an adder (10) receiving ail N multiplied subband signals [k^{t) 'SdiCt). ... . k(sj(t) • SdisiW) to acid them to a fre- 
quency selective weighted stereo difference signal (Sdw(*)). 

a first delay element (9) provided in the pa^h of the stereo sum signal (Ss(t)) to compensate the group delay in 
the path of the stereo difference signal (Sc ^0) caused by the linear phase filter bank (8), and 
15 a unit (11) receiving the frequency selective weighted stereo difference signal (Scjw(O) and the delayed stereo 

sum signal (Ss(t)) to calculate the signals for the left and right audio channel (S|(t). Sr(t)). 

17. Device according Jo claim 16. characterized by 

20 N second delay elements (2) respectively provided in front of said N first multipliers (3) to respectively delay the 

corresponding one of the N subband signals (s^ji(t), ... . Scify|{t)) for the time needed by the control block (1) to 
calculate the corresponding weighting factor (kn(t)), and 

one second delay element (2) provided in the path of the stereo sum signal (Ss(t)) before said unit (11) to delay 
the stereo sum signal (Ss(t)) for the time needed by the control block (1 ) to calculate the corresponding weight- 
25 ing factor {kn(t))- 

18. Device according to claim 16 or 17. characterized in that said control block (1) comprises 

N calculation units (12. 4) respectively receiving one of the N subband signals (Sdi(t). ... , SdNW) of the stereo 
30 difference signal (Sd(t) to respectively calculate the conresponding envelope-signal (SdiocW. - . SdNOcTO). 

at least one generator (7) receiving a signal corresponding to the amplitude of the received RF-signal and gen- 
erating respective first factors (An(t)) and respective threshold values (Bn(t)) in dependency on the amplitude 
of the received RF-signal. 

N second multipliers (5) respectively receiving one of the N envelope-signals (SdiDcW SdNocW) ^ respec- 

35 tively multiply it with a corresponding one of said first factors (An(t)). and 

N threshold and saturation blocks (6) respectively receiving one of the N multiplied envelope-signals 
(An(t) • SdiDcW. . AiW • SdNDcO)) ^ perform a threshold function with a corresponding one of said threshold 
values (Bn(t)) and limit the multiplied envelope (An(t) -SdiDcW. - ■ • An(t) • SdNDcW) to ^ respectively obtain 
the respective weighting factor (kn(t)) corresponding to one of the N subband signals (SdnW) of the stereo dif- 

40 ference signal (Sd(t). 

19. Device according to claim 18. characterized in that said control block (1) comprises N sannpling rate decimation 
units (13) respectively receiving one of the N suttoand signals (Sdn(t)) of the stereo difference signal (Sd(t) to deci- 
mate its sampling rate by a second factor (D) d^endent on the bandwith of said respective sub>band signal (Sdn(t)) 

45 before outputting it to a corresponcfing one of the N calculation units (12. 4), and N sampling rate expansion units 

(15) respectively receiving a weighting factor (kn(t)) from a corresponding threshold arxj saturation block (6) to 
expand its sampling rate by said second factor (D). 

20. Device according to claim 18 or 19, characterized in that said at least one generator (7) also receives the stereo 
so sum signal (Ss(t)) and generates a respective first factor (An(t)) and a respective threshold value (6^(1)) in depend- 
ency on the amplitude of the envelope of the corresponding subband signal (Ssn(t)) of the stereo sum signal (Ss(t)). 

21 . Device according to claim 1 8 or 19, characterized in that said at least ofte generator (7) also receives the stereo 
sum signal (Ss(t)) and generates said respective first factors (An(t)) and a respective threshold values (Bn(t)) in 

55 dependency on the amplitude of the envelope of the stereo sum signal (Ss(t)). 

22. Device according to anyone of claims 18 to 21 . characterized in that each of said N calculation units (12, 4) com- 
prises 
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an absofute value unit (12) receiving a respective subband signal (s^nft)) to respectively calculate the corre- 
sponding absolute value (|Sdn(t)l). and 

a lowpass filter (4) receiving the absolute value of a respective subband signal (|Sdn(t)l) to respectively output 
an envelope-signal (SdnDc(y)- 

23. Device according to anyone of claims 18 to 22. characterized in that said at least one generator (7) comprises a 
look up table. 
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